Abstract -In this paper we present new combined blind equalization a n d detection schemes for a DS-SS system. The new proposed algorithms improve the bit error rate compared to traditional RAKE receivers i n time-variant channels w i t h multipath. T h i s improvement is obtained i n b o t h simulated a n d a r e a l ionospheric HF link. Its very low computational complexity makes t h e m suitable to be implemented in r e a l receivers.
I . INTRODUCTION
It is well known that RAKE receivers benefit from time diversity in the received signal compared to single delay receiver [l] [6]. The combination of the different finger demodulated components reduces thus the bit error rate increasing the apparent signal to noise ratio. In this paper we present two new blind equalization and detection techniques for DS-SS systems based on the new concept of PN alignment. They use a filter that attempts to align constructively all the delayed components in the output signal of a Gequency selective and multipath channel. This is achieved by the definition of a suitable cost function that uses the known transmitted spreading code. Both algorithms use the steepest descent philosophy to update the filter coefficients and they have an very low computational complexity.
This work has been focused on a real ionospheric point to point link established between Huelva and Barcelona in Spain [7] , where time variability, multipath components and low SN ratios (due to both noise and interferences) make difficult to achieve good bit error rates if error correcting techniques are not used. The use of direct sequence spread spectrum modulation is justified by its robustness to multipath and low SNR, and its high privacy of the communication. By the time of writing this article, those methods have only been tested with a single user.
First of all, a brief presentation of the HF link and the channel model is carried out in section 11. After the algorithms explanation in section 111, some computer simulation results are shown in section IV, as well as some real results obtained in the ionospheric link. In these results the new two schemes and a standard RAKE receiver [l] are compared together. Finally, in section V we emphasize the main conclusions of this work and future lines.
DESCRIPTION OF THE LINK
The main features of our ionospheric link are: it is a simplex point to point link of about 800 Km distance between Huelva (the transmitter) and Barcelona (the receiver) with 0-7803-6560-7/00/$10.00 (C) 2000 IEEE 647 200 W of maximum transmission power, the carrier frequency is between 4-8 MHz, and DPSK is used as data modulation A fully digital transmitter and receiver with direct analog-todigital conversion at the HF band is implemented, and the receiver processes the baseband signal with 3 DSP's working in parallel.
This system has two operation modes: the channel evaluation mode, where a test signal is transmitted every minute 24 hours a day in order t o get the Scattering function; the real-time operation mode, where information is transmitted and received in real-time. In this case, some acquisition, demodulation, equalization and detection schemes in low SNR environment with narrow-band interference, long channel impulse response and long fadings have to be accurately designed [6] [SI. A high speed acquisition and processing hardware has been designed to implement the functions above mentioned. The basic system configuration is shown in figure 1. There are four blocs (transmitter, receiver, channel evaluation and real-time system) that can be combined in order to work in the two operation modes. See [7] and [8] for more details. Fig. 1 
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In this subsection the first proposed algorithm is presented. It uses a matrix filtering principle, in order to obtain an output vector that combines the better signal energy components of the incoming signal. The algorithm update equation and the detection process work every N input samples. The filter update procedure searches the maximum of a cost function JM with the constraint of constant energy at the output in order to avoid the divergence of the method.
First of all, a bloc diagram of the proposed algorithm is shown in figure 4. where p is a step size parameter that controls the convergence properties of the algorithm.
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The output vector U, of dimension N x 1 has the input information of rI mixed with the mix matrix as:
The equalizer has the purpose of detecting all the multipath components of the transmitted signal in rl (with the same signature p) and to recombine them together to enhance the SNR before the final detection (like a RAKE receiver does).
Then, the vector UI is named the aligned vector, because the equalizer take all these multipath signals and it performs a constructive addition with the same time position and the same phase. The result must be the PN sequence multiplied by the information 11-d (where d is detection delay between 0 and 1) and by a slow time varying complex coefficient (due to the channel dynamic behavior).
Before the detection, the aligned vector is multiplied by the PN sequence p and accumulated:
The cost function is defined as the energy of the demodulated sample El, in order to denote the desired high instantaneous cross-correlation between the aligned vector and the PN sequence:
Substituting the equations (2) and (3) in (4), we obtain: In this subsection we present an alternative solution to matrixbased equalizer. In fact, it is based exactly on the same principle, but it is formulated from the multichannel point of view.
AS it is shown later, similar or even better results are obtained with a considerably great reduction of computational complexity. The bloc diagram of this second method can be seen in figure 5 .
We can see that J m is a quadratic function of mix matrix coefficients a,, and it has a single maximum, so a steepest ascent approach can be used to reach this maximum. 
\ .
Finally, the last expression is substituted in (1) to give the filter update equation. The detection process after the equalizer/demodulator uses the demodulated sample El to differentially decode each received bit as in [l] . The complete procedure of the proposed algorithm for both equalizing and de- In this case, the aligned vector ul is expressed by:
complex Gaussian random numbers with variance 0 2 .
ter.
pressed in function of C k vectors as:
The demodulated sequence EI of equation (3) can be exThis simple algorithm has a computational complexity of order O ( R ) per input sample. In order to benefit from time diversity R must be set to a value around 2N or 3 N , as it is supposed that the channel spreads a single repetition of p up to 2N -1 samples, and an asynchronous reception is used. Performance of this method has a strong dependence on the election of the step size parameter p . There is a high sensibility (that can lead to a unstable situation) on both SNR and the speed of variation of the channel. After some simulations and real transmissions (see section IV), we have seen that a good choice is a variable step size like:
0-7803-6560-7/00/$10.00
The cost function is now defined with the same criterion used in the previous subsection. Using equations (10) and (11) we can write:
The optimum solution is achieved when JM reaches its maximum (when vector ui is aligned with vector p) or its gradients with respect to coefficient vectors c; are zero. In order to use a steepest ascent approach, the same previous optimum Lagrange multiplier is found and substituted in the gradient vector equation. Finally, the update equation for the filter coefficient vector ck is:
where c k ( l ) is the coefficient vector of the kth filter at lth iteration.
We have found that the step size parameter p plays a less critical role than in the first scheme, avoiding unstability without the need of a time variant step size parameter. The complete equalization and detection algorithm is summarized in table 2.
S i -d = s i g n { R e { E i E f -l } } c k ( l + 1 ) =~( l ) -t p E ; ( p k -E i u i ( l ) ) r k ( l )
Tab. The proposed algorithms are compared with a standard RAKE receiver that uses the estimation of the power delay profile of the channel by crosscorrelating the received signal with the known pseudonoise sequence p. After partitioning the module of the instantaneous crosscorrelation in Pi-block of data, a smooth average with a memory factor X R A K E is applied. The maximum of the estimated power profile is detected and set to the central RAKE finger delay TO. The 2 K + 1-finger RAKE uses all the information of the received signal included in a window delay between TO -K and 70 + K .
The instantaneous cross-correlation samples inside this window are used to construct a decision variable that leads to the decoded information sequence.
COMPUTER SIMULATIONS
The simulated channel is a frequency selective multipath [I] and WSS channel [5] with an impulse response of the same length of the transmitted spreading code. Each i-tap coefficient is modeled as an independent slow time varying complex Gaussian process with zero-mean, a power P ( i ) (which defines a Power delay profile shown in figure 6 ) , a bandwidth (or In table 3, the BER of the RAKE and the two proposed methods using the simulated channel is shown. As it is a time varying channel, the instantaneous SNR can achieve very low values, where unrecoverable errors occur.
EVALUATION OF A REAL TRANSMISSION
As it has been previously commented, some real transmissions through the real ionospheric link (see section 11) have been carried out in order to validate the proposed method. Here only one single transmission is shown, but a better behavior of the new algorithms has been verified in the majority of the experiments. The transmitter power is set to 100 Watt, and the operating carrier frequency is 8.3 MHz. The binary data rate is 161 bps, and using a 31-chip Gold PN sequence, the transmitted DS-SS signal has a bandwidth of about 10 KHz.
The parameters of the blind equalizers are: R = 2 N = 62, 6 = lo-", a = IO-' for the Blind matrix-based alignment figure 7 are shown the equalized and detected sequence E l for both algorithms in function of time. 
V. CONCLUSIONS AND FUTURE WORK
A new criterion for equalization and detection in a DS-SS system has been presented. Although the original formulation is based on the information of the transmitted spreading sequence, this can be omitted in the final solution. As can be seen, the final update and filtering procedure of equation (9) the matrix-based P N alignment filter. Specifically, in equation (14) we can see a slight but interesting difference when v i ( 1 ) appears instead of E;. Its computational simplicity and its better robustness in low SNR and time-variant multipath channels stand out from a RAKE receiver. Regardless of the final simplifications, both methods have been conceived on t h e concept of P N alignment. A unusual deterministic formulation of a cost function and a simple steepest ascent procedure have been used. Future work will be done in order t o extract channel estimation from the filter coefficients and t o test its performance in multi-user communications.
